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(57) Abstract 

Improved signal to noise ratio to improve speech comprehension and/or listener comfort in a noisy environment is accomplished by 
selectively downwardly expanding a speech and noise composite signal when the speech signal is absent, thereby lowermg signal components 
which represent noise. An expansion control signal is extracted from the composite input signal. Operation is based on the assumption 
that when noise alone is present, the input signal amplitude is less than some reference level and that when speech and noise arc presen 
together, the input signal amplitude is greater than the reference level. The response rates of gain changes are quite rapid and do no 
introduce distortion or other audibly noticeable artifacts of the processing. The amount of downward expansion of the noise alone is small 
compared to noise gates to further reduce processing artifacts. The methods of realization include use of. in combmation and alone, analog 
compressors and expanders, analog expandors in combination with voltage clamps and/or automatic level control circuits, two-quadrant 
multiplier in conjunction with digital control, emirely digital means for obtaining the requisite sensing and gain control, and cxpandor 
designs that are analogs of conventional filter designs where the notion of amplitude replaces frequency. Automatic noise suppression may 
be employed to pre-process the input signal, thereby rendering the control circuit self adjusting for better performance over a wide range 
of background sound levels. Various microphones, preferably providing directional characteristics, may be used to reduce noise levels m 
the received input signal. 
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Method and Apparatus for Improving Effective Signal to Noise 
Ratios in Hearing Aids and Other Comnnunication Systems Used 
in Noisy Environments Without Loss of Spectral Information 

CROSS-REFERENCE TO RELATED APPLICATIONS 

This application is a continuation-in-part of copending U.S. Patent Application 
Serial No, 08/687.014, filed July 16. 1996 and entitled "Method and Apparatus for 
Improving Effective Signal to Noise Ratios in Hearing Aids and Other Communication 
Systems Used in Noisy Environments Without Loss of Spectral Information". The 
disclosure of the aforementioned patent application is incorporated herein by reference 
in its entirety, 

BACKGROUND OF THE INVENTION 

1- Technical Field 

The present invention pertains to a method and apparatus for enhancing the 
effective signal to noise ratio of hearing assistive devices and other communication 
systems utilized in noisy environments without loss of spectral information. 
Communication systems that may utilize the present invention generally include cellular 
telephones, wireless telephones, head-set phones and conventional telephones, 
microphone preamplifiers, microphones disposed within consumer electronics (e.g.. 
camcorders and communication links or intercoms), and voice inputs to computers for 
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voice recognition and/or speech storage or transmission. The enhanced effective signal 
to noise ratio enables improved comprehension of speech and reduced stress levels 
for a particular user of the hearing assistive device or communication system. In 
addition, the present invention enhances the cosmetic nature of a speech signal, 
thereby providing a greater professional sound and enabling more pleasant reception 
of the speech signal by a listener (i.e., enhanced listener comfort). The term "cosmetic" 
as used herein refers to the comfort level of a listener hearing the speech signal; the 
present invention enhances listener comfort level by reducing gain at higher input signal 
levels. 

2, Discussion of Prior Art 

Listening to speech in a noisy environment complicates speech comprehension 
and increases stress levels for particular listeners. These effects are especially 
prevalent for listeners suffering from significant hearing loss. In addition, speech is 
often considered less pleasant to listen to when surrounded by environmental noise 
than when listening to speech surrounded by silence. For example, an inten/iew 
conducted within a studio having low environmental noise is more pleasant to listen to 
than an interview conducted having background noise, such as air conditioners, dish 
clatter and background conversation. Professional "standards' typically prefer low 
background noise even though the comprehension level of speech when surrounded 
by silence or background noise is similar Thus, it is desirable to reduce background 
noise to enhance speech comprehension and/or the comfort level of a listener. 
Reduction of background noise to enhance listener comfort is desirable, by way of 
example, for cellular telephones utilized in automobiles where "hands free" operation 
is employed. Reduction of background noise enhances quality and clarity of voice 
signals delivered to a telephone microphone mounted remotely from the driver. Further, 
reduction of background noise is a significant benefit when communicating from noisy 
offices or other public locations where background noise conditions decrease voice 
quality. Current methods to reduce background noise and improve speech 
comprehension and/or listener comfort in noisy environments attempt to enhance the 
effective signal to noise ratio by elevating the desired speech above background noise. 
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The elevated speech in effect reduces background noise that may enable listeners to 
more easily discern speech from noise to provide comprehension of speech with 
reduced stress and/or enhance listener comfort. These methods are generally 
employed in various systems and either attempt to bias against the quantity of noise 
received by the system in comparison with the quantity of the desired speech signal, 
or introduce processing that deletes some portion of the noise while retaining as much 
of the desired speech signal as possible. 

Several major methods are currently being employed to decrease the noise in 
hearing assistive devices and various communication systems. Specifically, first order 
directional microphones are typically employed inbrderto reduce noise emanating from 
directions other than that of the desired talker or sound source. Second order 
directional microphones generally outperform both first order directional and 
omnidirectional microphones by wide margins, but are difficult to realize in certain 
communication systems, such as hearing aids as discussed below. 

Another method of noise reduction is referred to as automatic signal processing 
wherein bands of frequency containing the largest quantity of background noise are 
deleted, via processing, from the output signal. This technique is most commonly 
utilized in hearing aids. 

A further method of noise reduction, commonly utilized in microphone conference 
systems, includes digital processing techniques to remove reverberation. In addition, 
digital processing techniques may combine spatial, spectral and statistical processes 
to improve the effective signal to noise ratio. 

Yet another method of noise reduction includes the use of noise squelch circuits 
or noise gates. Noise squelch circuits typically cut off the output signal in response to 
the input signal level falling below a threshold. Noise gates perform a similar function 
as noise squelch circuits but are more sophisticated. Noise squelch circuits are often 
implemented in two-way telephone systems while noise gates are commonly utilized 
in high-end professional recording systems. 

Still another method of noise reduction, referred to as autonnatic noise 
suppression, is disclosed in U.S. Patent No. 4,461,025 (Franklin), the disclosure in 
which is expressly incorporated by reference herein in its entirety. This technique 
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capitalizes on the use of encoded representations of received sounds by tactile aids 
and coclilear implants. The encoded signals are processed with a threshold in 
connbination with a modified automatic gain control io decrease total output signal in 
response to a steady background noise causing undesirable results. The automatic 
noise suppression, in conjunction with the "Lombard Effect" wherein tafkers 
subconsciously speak louder in noisy environments, results in the encoded, signal 
appearing in the output signal at a higher intensity than the steady background noise. 

The prior art noise reduction methods suffer from several disadvantages. The 
utilization of second order directional microphones to achieve improvements over 
omnidirectional microphones incurs significant monetary costs. Further, second order 
directional microphones are more complex and tend to have reduced performance in 
relation to certain other signal reception categories. In particular, second order 
microphones tend to be noisier than omnidirectional microphones and have a twelve 
decibel per octave (db/octave) decrease in output level as frequency declines. First 
order microphones are inadequate as they provide insufficient noise rejection to be 
effective, typically on the order of a three to four decibel or less improvement over 
omnidirectional microphones depending upon the application. This is particularly true 
when the microphones are mounted at ear-level, which is the usual placement for 
modern hearing aids, because the so-called "head-shadow" effect tends to further 
decrease the advantages of first order microphones as compared to omnidirectional 
elements. 

Automatic signal processing is often ineffective because the rejection of some 
frequency bands to reduce noise tends to be offset by a loss of specific speech cues 
and, in certain situations actually decreases a listener's ability to comprehend speech 
and degrades listener comfort. 

Squelch circuits and noise gates are ineffective in their existing forms for hearing 
assistive devices and other communication systems because the inherent ON/OFF 
switching characteristic of the squelch circuits and noise gates leads to intrusive 
transients, either by accidental triggering due to noise spikes or by sudden changes in 
sound ambience due to abrupt transitions from almost complete silence to high sound 
levels. In general, it can be stated that the coarseness of "squelch circuits" make them 
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very intrusive in use. and that while "noise gate" designs are somewhat less intrusive, 
they still are too visibly obtrusive for the applications being considered here and, further, 
require complicated and power hungry technologies that make them impractical for 
applications for wearable devices, such as hearing aids. 

Automatic noise suppression, although effective for removing steady background 
noise, has no practical application to real time speech and is limited to the encoded 
systems of tactile aids and cochlear implants. 

Digital noise reduction techniques, because of their cost, size and power 
consumption, are inapplicable to wearable hearing assistive devices and provide only 
modest gains for real time speech in any event. Some non-real time complex 
paradigms are very effective, particularly those utilizing a multiplicity of spatially 
separated microphone inputs, but they are clearly not applicable to hearing aid use or, 
for that matter, any other application where "real-time" listening is a requirement. 

Copending U.S. Patent Application Serial No. 08/687.014 discloses an apparatus 
and method that alleviates the above-described disadvantages of the prior art by 
selectively compressing and expanding a composite speech signal waveform containing 
speech and noise. The resultant output signal contains reduced noise (i.e., an 
enhanced signal to noise ratio), thereby enabling improved comprehension of speech. 
Although the comprehension and expansion of speech signal waveforms as described 
above reduces noise, a composite speech signal waveform having a large amplitude 
may produce a resultant signal wherein the resultant signal includes amplitudes that are 
discomforting to a listener. 

Copending U.S. Patent Application Serial No. 08/687,014 discloses an 
embodiment to alleviate this listener discomfort by preventing gain change as a 
consequence of increasing combined input signal plus noise. Specifically, an autonnatic 
level control circuit is disposed after a single stage of expansion. In this arrangement, 
the expander is followed by a unity gain automatic level control circuit. If the output 
signal amplitude from the expander exceeds the threshold level of the automatic level 
control circuit output, the output signal amplitude is not expanded and appears 
compressed. However, realization of this embodiment requires several additional 
components, namely the automatic level control circuit typically implemented by a 
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compressor portion of a commercially available compandor chip and external circuitry, 
thereby increasing costs and complexity of the apparatus. Thus, there exists a need 
in the art to enhance the signal to noise ratio of speech in noisy environments, while, 
simply and inexpensively accommodating these large amplitude signals to produce an 
output signal that reduces high end noise and enhances listener comfort. 

OBJECTS OF THE INVEMTini^ 

Accordingly, it is an object of the present invention to provide a method and 
apparatus to improve speech comprehension in noisy environments to reduce listener 
stress and/or simply and inexpensively enhance listener comfort when hearing speech 
contained within background noise. 

It is another object of the present invention to use electronic circuits in 
conjunction with directional or omnidirectional microphones to enhance the level of 
desired speech signal components within received speech signal waveforms by more 
effectively rejecting ambient noise components. 

Yet another object of the present invention is to improve speech comprehension 
and/or listener comfort in noisy environments by removing or decreasing the noise 
temporally existing around the desired speech signal components in response to the 
desired speech component energy being at or near a zero level. 

Still another object of the present invention is to adjust the gain of a fast 
response non-linear gain control circuit as a function of the level of desired speech 
components, thereby improving speech comprehension and/or listener comfort in a 
noisy environment by decreasing the amplitude of noise temporally existing around the 
speech components. 

A further object of the present invention is to improve speech comprehension 
and/or listener comfort in noisy environments by decreasing noise temporally existing 
around and/or within desired speech signal components in a speech signal waveform 
without introducing auditory distortions into the speech signal waveform. 

Yet another object of the present invention is to improve speech comprehension 
and/or listener comfort in noisy environments by decreasing noise temporally existing 
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around and/or within desired speech signal components in a speech signal waveform 
by use of small low-powered electronic circuits. 

Still another object of the present invention is to improve speech jcpmprehension 
and/or listener comfort in noisy environments by decreasing noise temporally existing 
around and/or in desired speech signal components within a received composite 
speech signal waveform regardless of the frequency or type of noise and^ without 
detracting from the spectral cues of the desired speech signal components. 

Yet another object of the present invention is to improve speech comprehension 
and/or listener comfort in noisy environments by decreasing noise temporally existing 
around and/or within desired speech signal components in a speech signal waveform 
through use of fast acting gain control circuitry adjustable for the amount of noise 
rejection desired. Further, the gain control circuitry may be adjusted in a range from 
little or no noise rejection to some level of maximal noise rejection for application to 
situations requiring noise reduction as well as to those situations where noise reduction 
is undesirable. 

A further object of the present invention is to improve speech comprehension 
and/or listener comfort in noisy environments by providing an apparatus for reducing 
noise and enhancing the effective signal to noise ratio of the speech in combination with 
an automatic noise suppressor such that the noise reduction property of the apparatus 
is self-adapting according to the level of background noise and does not introduce 
undesirable distortions into a speech signal wavefomn. 

Still another object of the present invention is to improve speech comprehension 
and/or listener comfort in noisy environments by decreasing noise temporally existing 
around and/or within desired speech signal components within a speech signal 
waveform without introducing auditory distortions or artifacts of processing into, and 
without deleting information from, the speech signal waveform. Such distortions and 
artifacts of processing typically include: missing sounds, particularly beginnings of 
words or phrases; hangover of background noise after the desired speech signal 
terminates; perceived distortions due to amplitude surges; distortion due to extra 
spectral terms being added by the processing; clicks or other sounds resulting from 
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changing gain; and sudden surges of noise due to inappropriate operation of noise 
gates based on background noise. 

The aforesaid objects are achieved individually and in combination, and it is not 
intended that the present invention be construed as requiring two or more of the objects 
to be combined unless expressly required by the claims attached hereto. 

SUMMARY AND THEORY OF THE INVENTiQN 

According to the present invention, the effective signal to noise ratio of hearing 
assistive devices and communication systems (e.g.. cellular telephones, microphones 
within camcorders and intercoms, microphone preamplifiers, etc.) utilized in noisy 
environments is improved in an unobtmsive manner by means of a control circuit using 
a rapidly acting noise gate having a particular range of dynamic transfer characteristic 
to adjust system gain based on the presence or absence of speech in a speech signal 
waveform. In particular, the dynamic transfer characteristic is required to provide a 
relatively small downward amplitude expansion for signal magnitudes smaller than 
some predetermined "cut-off" magnitude, no effective expansion for signal magnitudes 
at or slightly above the "cut-off" magnitude and a slight downward expansion for signal 
magnitudes well above the 'cut-off' magnitude. In other words, the present invention 
processes a composite speech waveform including mixed speech and noise 
components temporally spaced by noise alone by expanding downward or attenuating 
by a small amount the noise alone. The mixed speech and noise is passed without 
substantial change. This is achieved by controlling circuit gain in response to input 
amplitude under the valid assumption that amplitudes below a predetemiined level or 
"cut-off" constitute noise alone while amplitudes above that level constitute the mixed 
speech and noise. Amplitudes well above the predetermined level are passed at some 
slightly decreasing gain (slightly increasing attenuation) to enhance listener comfort, 
while amplitudes below the level are passed at a gradually decreasing gain (increasing 
attenuation) to attenuate the assumed noise alone. 

By expansion it is meant that signals less than the cut-off magnitude be rendered 
smaller in amplitude as a consequence of the expansion, in so far as the output result 
of the signal processing is concerned. By relatively small expansion it is meant that 
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amplitudes below the cut-off magnitude are downwardly expanded on the order of 
between slightly greater than unity and three, as compared to their input magnitude, 
when reckoned on the decibel measurement scale. Thus, an expansion of two^means 
that a signal having a relative value of three decibels less than some other reference 
signal, provided the reference signal lies below the cut-off magnitude, shall become & 
db less than the reference signal after expansion by two; a similar signal expanded by, 
a factor of three would become nine decibels less than said reference signal, and a 
similar signal expanded by 1 .5 shall become 4.5 db less than said reference signal, and 
soon. 

By fast or rapidly acting it is meant that the response time of the expansion shall 
take place over intervals on the order of five milliseconds up to about twenty 
milliseconds, and that the recovery times of the expansion shall be on the order of 
about twenty milliseconds to about eighty milliseconds. Stated othenwise. in as much 
as the expansion is effectively a decrease or increase in gain of the control circuits of 
the invention as a response to the magnitude of the input signals, such changes shall 
occur approximately within the stated times. 

In contrast to the usual operation of noise gates, wherein large changes in gain 
are effected as a consequence of the magnitude of the composite input signal 
becoming greater or less than some reference level, in the present invention only small 
changes of gain are employed. As a consequence, the control circuit is audibly 
transparent to a listener other than by the reduction of background noise level by 
factors of not greater than about three, as described above, and at such rates and 
manner as to provide no transitory audible effects other than reduction in background 
sounds. 

It will be clear to one skilled in the art of electronic filters that the gain 
characteristics of the circuit of the present invention bear a striking resemblance to the 
gain characteristics of a high-pass filter, but instead of changes in frequency of input 
signals, one substitutes the notion of changes in amplitude of input signals. The 
analogy is as follows: If one considers a simple single pole high-pass filter, as might 
be realized by the connection of a single capacitor and a single resistor of appropriate 
values, in a conventional configuration, a frequency known as the "cut-off' frequency 
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occurs such that for sinusoidal input frequencies at exactly the cut-off frequency, as 
determined by the values of the capacitor and the resistor, the resulting output signal 
is three decibels below the magnitude of the input magnitude. Further, any sinusoidal 
input signals at a still lower frequency produce an output signal level still smaller than 
the input level'by a proportional amount which is asymptotic to six decibels per octave 
of the ratio between the two signal frequencies. In contrast, in the control circuit of the 
present invention, input sinusoids above the cut-off magnitude are not affected in 
magnitude by the presence of the filter, provided they are far enough above the cut-off 
magnitude that the output magnitude is substantially the same as the input magnitude. 
With this analogy in mind, then, one can use the same design equations to realize what 
is referred to herein as a Time Domain Filter using active gain adjusting elements, 
except that where frequency is taken as a variable in the design of a first order high 
pass filter, the present invention substitutes amplitude. For further explanation and an 
example of a practical circuit model derived by the methods described above, reference 
is made to the above-mentioned copending U.S. Patent Application Serial No. 
08/687.014. 

It will be appreciated, in as much as an important goal of the aforesaid noise 
reduction is that no artifacts of processing shall occur, that any distortion introduced is 
highly undesirable. In view of this, and because the response times designated for the 
expansion rate (i.e., the rates at which circuit gain is changed) are rapid enough, one 
would expect such distortions to undesirably appear in the output signal to the detriment 
of the stated goals. That this is not so is an important aspect of this invention and is 
explained by the fact that for speech, unlike many other sound wavefomns, the manner 
in which voiced sounds are generated assures that the harmonic distortion, inevitably 
caused by the relatively fast time constants employed, tends to overlay already existing 
harmonic terms whereby the perceived experience for the most part is that no distortion 
occurs. The reasons for this are explained immediately below. 

As is well known to persons skilled in the art of speech production technology, 
the source of voiced sound is the glottal pulse generated by the opening and closing 
of the glottis. This source, essentially a triangularly shaped burst of air-pressure, is rich 
in harmonics and in passing through the upper vocal tract causes the various cavities 
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formed by the roof of the mouth, the tongue, the lips, the nasal cavities, and so-on, to 
resonate. Thus, what results as an audible consequence of voiced speech production 
is a set of dynamically changing harmonics of the glottal pulse. These harmonic term?,^ 
are generally known as "formants" and characterize, in particular, vowel sounds, 
although they are also associated with voiced consonants. The important fact here is 
that all of these frequencies are. and can only be. harmonics of the base-frequency 
glottal pulse rate. 

By the same token, the short time constants used in the expandor circuit 
discussed above have the purpose of causing the circuit gain to increase or decrease 
in tHe manner described. In so far as an analog realization of the circuit is concerned, 
this desired end is largely obtained by performing a multiplication on the composite 
speech signal, wherein the control signal used as a multiplier is the envelope of the 
speech signal itself. It is the low-frequency ripples contained in this control signal, 
present because of the fast time constants, which result in distortion. However, it is 
clear that for voiced speech the low frequency ripple found on the control waveform is 
dominated by the glottal pulse rate. Hence all the distortion terms are harmonics of this 
frequency and, in the case of voiced sounds, tend to overlay (or be superposed on) the 
so-called "formants". 

It will be likewise well known to one skilled in the art of speech production that 
many speech sounds are not voiced, examples being /s/, /sh/. /t/ and others. It is in the 
nature of these unvoiced sounds that they are characterized by higher frequencies, 
generally greater than 2000 Hz for all talkers. For these frequencies, the stated time 
constants are long enough so that no distortion occurs. Hence, the above discussion 
of speech sounds is inclusive so far as distortion is concerned. 

In the search for methods of improving speech comprehension for the hearing 
impaired, as contrasted to proper and satisfying hearing for the unimpaired, a method 
which is called "spectral enhancement" is known in the prior art wherein the goal is to 
exaggerate portions of the formants contained in voiced speech. To the extent that this 
technique of spectral enhancement is useful, and in view of the foregoing description, 
it is clear that one can obtain such spectral enhancement by using still shorter time 
constants. While speech processed this way is unpleasant to normal individuals having 
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hearing, it may in fact result in superior comprehension for Individuals with some forms 
of hearing loss. 

From all .that is said above, it Is clear that it is desirable for the unwanted 
background noise to appear at the input side of the control circuit at levels below the 
cut-off level as described, while the desired speech signal levels should be at or above 
the cut-off level. Thus.„when background noise alone is present, it is expanded a small 
amount downward in magnitude, while the speech level is approximately unchanged 
as it passes through the control circuit. For this to be true, it is necessary that there be 
an inherent difference in the received speech level and the noise level, the speech level 
always being larger. Beyond this, it is also clear that the noise level cannot be at any 
arbitrary magnitude but must indeed be such that it lies on the slope of the gain 
characteristics below the cut-off magnitude. 

To some extent both of these requirements are met by utilizing a directional 
microphone aimed towards tfie desired speaker. This strategy taken together with an 
inherent tendency for talkers to speak louder in noise (i.e., the "Lombard Effect") 
suffices in many, but not all, situations such that the invention behaves as it should. 
That is to say, by judicious and careful design of the gain characteristics of the 
microphone and first amplifiers of such a system, one can assure that most of the time, 
in most situations, the noise and speech appear at the input to the control circuit at 
appropriate levels such that operation proceeds as desired. 

However, still better perfonnance over a wider range of conditions can be 
expected if some means Is provided to adjust either the gain preceding the control 
circuit or the cut-off level of the control circuit itself so that the desired relationship 
between the noise and the cut-off level may be properly maintained. Means for 
attaining this improved operation is available from use of the method of Automatic Noise 
Suppression described In U.S. Patent No. 4.461,025 (Franklin). Specifically, the 
Franklin patent discloses a slow-attack fast-release gain control to effect the changes 
in front-end gain or changes in cut-off level required to maintain the proper action of the 
control circuit in view of the louder speech sounds occasioned by the Lombard Effect 
in the presence of louder background sounds. That Is. if louder background sounds are 
present, and the front end gain is reduced in response thereto, and/or the cut-off level 
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is increased in response thereto, the net result is that the background sound signal 
remains below the cut-off magnitude, while the louder speech signal remains at or 
above the cut-off magnitude. An example of such operation is described . in copending 
U.S. Patent Application Serial No. 08/687,014. 

A final observation is made that, while the control circuit realizatior^s described 
may infer analog circuits, it is clear that either microprocessor or digital signal processor 
methods can be used to realize the present invention, and such realizations are likewise 
described in the examples of the prefen-ed embodiment. 

The above and still further objects, features and advantages of the present 
"invention will become apparent upon consideration of the following detailed description 
of specific embodiments thereof, particularly when taken in conjunction with the 
accompanying drawings wherein like reference numerals in the various figures are 
utilized to designate like components. 

RRIFF DESCRIPTIQM OF THE D RAWINGS 

Fig. 1 is a schematic diagram of a circuit for enhancing the effective signal to 
noise ratio of speech in hearing assistive devices and other comnnunication systems 
according to the present invention utilizing the combination of a modified compressor 
circuit followed by a modified expander circuit. 

Fig. 2a is a schematic diagram of a portion of the circuit of Fig. 1 including the 
components of the modified compressor and expander according to the present 
invention. 

Fig. 2b is a schematic diagram of the circuit of Fig. 2a illustrating an exemplary 
realization of the modified compressor and expander using commercially available 
integrated circuits. 

Fig. 3 is a plot of the gain of the circuit of Fig. 2a as a function of input amplitude. 

Figs. 4a - 4b are schematic diagrams of the circuit of Fig. 1 modified to utilize 
automatic noise suppression (ANS) in different respective configurations according to 
another aspect of the present invention. 

Fig. 5 is a schematic diagram of still another embodiment of the control circuit 
of the present invention utilizing digital control of the gain of a two-quadrant multiplier. 
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Fig. 6 is a schematic diagram of yet another embodiment of the control circuit of 
the present invention utilizing a digital signal processor or microprocessor. 

Figs. 7a - 7b are respectively an arrangement and response pattern for an omni- 
directional microphone of the type employed by the present invention. 

Figs. 8a 8b are resplSttively a dipole arrangement and response pattern for a 
microphone of the type employed by the present invention. 

Figs. 9a - 9b are respectively an excloid arrangement and response pattern for 
a microphone of the type employed by the present invention. 

Figs. 10a - 10b are respectively a cardioid arrangement and response pattern 
for a microphone of the type Employed by the present invention. 

Figs. 1 1 a - 1 1 c are respectively a sum of four dipole arrangement and horizontal 
and vertical response patterns for a microphone of the type employed by the present 
invention. 

DESCRIPTION OF THE PREFERRED FMBODIMEMT 

One general configuration of a circuit embodiment of the present invention for 
enhancing the effective signal to noise ratio of hearing assistive devices and other 
communication systems in a noisy environment is illustrated in Fig. 1. Specifically, 
directional microphone 101 receives a composite speech signal waveform, typically 
including desired speech signal components and noise components and applies the 
waveform to a conventional preamplifier 105. The amplified waveform is applied 
through a capacitor 106 to modified amplitude compressor 117. Modified compressor 
117 (i.e., modified from conventional compressors in accordance with the present 
invention) selectively compresses portions of the composite waveform amplitude 
pursuant to a non-linear compression function and is controlled by a compression 
control signal and bias or threshold level as described below. The compression control 
signal is extracted from the input signal and is a function of the presence and absence 
of the desired speech signal components as determined by input signal amplitude as 
discussed below. The amplitude-compressed waveform is subsequently applied 
through a coupling capacitor 128 to a modified amplitude expander 129. Modified 
expander 129 (i.e., modified from conventional expanders in accordance with the 
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present invention) selectively expands portions of the compressed waveform amplitude 
pursuant to a non-linear expansion function which is substantially a dual function of the 
non-linear compression function performed in compressor 1.17. except as described 
below. The expansion function is controlled by an expansion control signal and 
threshold or clamping level as described below. The-expansion control signal is a 
function of the presence and absence of speech signal components in the signal 
applied to the expandor in the presence of such components being again determined 
by the magnitude of the expandor input signal as described below. The resulting 
waveform is a modified version of the original input waveform received by microphone 
101 viTith an improved effective signal to noise ratio. The resulting waveform is applied 
through a coupling capacitor 142 across a level control 143. Level control 143. typically 
a variable resistor, permits adjustment of the level of the expanded wavefomi and 
applies the expanded waveform to post-amplifier 161. The amplified waveform is 
applied to a headset 171. or the like, for conveying processed sound (i.e.. an acoustic 
signal) from the enhanced composite waveform to a listener. 

Exemplary embodiments of the modified compressor 117 and expandor 129 
utilizing respective compressor and expandor portions 119. 121 of a commercially 
available compandor chip are illustrated in Figs. 2a - 2b. Specifically, the amplified 
waveform from preamplifier 105 (Fig. 1) is applied through capacitor 106 and a series 
input resistor 17 to the input terminal of an operational amplifier 1 8 having a negative 
feedback resistor 19 connected in parallel with gain cell 20. The amplifier, input and 
feedback resistors, and gain cell along with detector 22 may be commercially available 
as a compressor portion 1 19 of a commercially available compandor chip as described 
below. Gain cell 20 is typically a voltage controlled resistor and is controlled by a 
feedback signal via series connected decoupling capacitor 29. detector 22 and resistor 
21 feeding charging current into integrating capacitor 23 which is discharged by parallel 
resistor 24 to adjust gain cell 20 and vary the gain of the compressor. This represents 
a compressor circuit yielding a compression function whereby the output signal 
amplitude is essentially the square root of the input amplitude referenced to some input 
level whence its gain is unity. A positive bias source 27 also charges capacitor 23 
through a resistor 26 to modify gain cell operation so that for small signal levels, no 



wo 98/02969 



PCT/US97/11914 



16 

compression occurs and the small level signals appear at the output at smaller 
magnitudes than if the bias source were not present. The net effect of resistor 26 is to 
limit the maximum gain for low end signals. In particular, when the amplitude of the 
input signal is less than the bias, indicating the absence of speech or noise alone 
(under the above described assumption), detector 22 is revierse biased and prevents 
current from flowing to integrator capacitor 23. Capacitor 23 Is then charged by cun-ent 
from only bias source 27 and discharges a voltage through resistor 24 to set the 
resistance of gain cell 20 to a predetermined bias value. As the bias is typically small, 
input signal amplitudes not overcoming the bias tend to produce small currents which 
are insufficient to charge capacitor 23 to a sufficient level for applying voltage, via 
discharge resistor 24. for adjustment of gain cell 20 to compress the signal. Amplitude 
compression of the wavefomn at these levels is therefore inhibited. In response to the 
amplitude of the input signal overcoming the bias, as occurs in the presence of speech, 
cun-ent flows through detector 22 and series resistor 21 and combines with the current 
from the bias source to charge capacitor 23. Capacitor 23 charges sufficiently to apply 
voltage via resistor 24 to control the resistance of gain cell 20 and enable compression 
of the waveform to produce an output signal amplitude approximately the square root 
of the input signal amplitude as described above. 

Modified compressor 1 19 hence selectively compresses components of the input 
waveform having amplitudes at or above some predetermined level, but does not 
compress or compresses less, components with amplitudes smaller than that 
predetermined level. The condition required for this selective compression to occur in 
a manner advantageous to the purposes of the invention, therefore, is that the 
amplitude of the composite input signal applied to the compressor 1 19 must be larger 
when the desired speech components are present and smaller when only noise is 
present. That this difference is significant for the purposes Of the compressor then is 
an important operating requirement wherein the difference must be at least about three 
decibels, but preferably more. If this requirement is met, and if bias resistor 26 and its 
bias source 27 are appropriately chosen, the operation of the compressor proceeds as 
described above. Specifically, the speech plus background signal will be compressed 
when present together, but the background signal alone is not so compressed and thus 



wo 98/02969 



PCT/US97/11914 



17 

appears at the input to the modified expandor via capacitor 128 at a proportionately 
smaller level relative to the composite speech and noise signal than was the case prior 
to compression. ■ 
As discussed previously, the time constants of the compressor, determined by 
capacitor 23 and resistor21 for the attack or charge time, and capacitor 23 and resistor 
24 for the decay or discharge time, shall be in the ranges specified above in the 
Summary section above. 

There are several known techniques for improving the signal to noise ratio in 
deriving the compression control signal, including the use of a directional microphone 
for receivinglhe composite waveform (i.e., desired speech signal and noise). The 
directional microphone is aimed at the speech source such that the noise is received 
in a diffuse manner with reduced energy as compared to the speech signal. This 
technique improves the signal to noise ratio for both the compression control signal and 
the received composite input waveform. 

The compressed amplitude waveform from modified compressor 119 is applied 
through capacitor 128 to modified expandor 121 for selective amplitude expansion. 
Expandor 121 includes a gain that expands the signal wherein a slight expansion 
occurs throughout the expandor operating range (i.e.. the expandor expands the signal 
indefinitely) as described below with reference to Fig. 3. The expandor circuit 121 
includes an input resistor 30 connected in series with a variable gain element 38 
typically a voltage controlled resistor, in turn feeding an operational amplifier 41 having 
a negative feedback resistor 42. These components may be commercially available as 
an expandor portion 121 of a commercially available compandor chip as described 
below. A control signal is derived from input capacitor 128 via coupling capacitor 33, 
detector 34 and charging resistor 35 feeding an integrating capacitor 36 connected to 
gain element 38. A discharge resistor 37 is connected across capacitor 36. The 
expandor is in essence a two-quadrant multiplier which multiplies the input signal from 
capacitor 128 by its own amplitude, thus yielding an output signal annplitude which is 
the square of the input amplitude with unity gain referenced to some value of input 
amplitude. A voltage clamp 32 is connected in parallel with capacitor 36 and resistor 
37. Clamp 32 may be implemented in its simplest from, by a high gain transistor (n-p- 
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n) having its base and collector tied, and Its emitter connected to ground. The transistor 
provides clean and fast clamping action wherein a high gain transistor provides a sharp 
knee in the expander gain characteristic. Clamp 32 may alternatively be implemented 
by any electrical components to control gain characteristics, and prevents the voltage 
generated on capacitor 36 from becoming'greater than its clamp voltage. Hence, for 
some input value of the waveform from-capacitor 128 or greater, expandor 129 
becomes a linear amplifier. In particular, and in response to the control signal, cun-ent 
flows through detector 34 and series resistor 35 to charge capacitor 36. Capacitor 36 
charges sufficiently to apply voltage via resistor 37 to control the resistance of gain 
element 38. When capacitor Se'charges to levels below the clamp voltage, expansion 
of the waveform is enabled such that the output signal amplitude is approximately the 
square of the input amplitude as described above. However, when capacitor 36 
charges to voltages that enable clamp 32 to limit the charged capacitor voltage, resistor 
37 controls gain element 38 with substantially the same discharge voltage (i.e.. the 
clamp voltage) for these higher voltages, thereby enabling expandor 121 to become, 
In effect, a linear amplifier. In other words, since expandor 121 is basically a multiplier 
(e.g., multiplies an input signal by the detected magnitude of that signal), when clamp 
32 limits voltage on capacitor 36, expandor 121 becomes a fixed gain amplifier. At that 
point, compressor 119 dominates (i.e., the signal is compressed more than it is 
expanded) and the overall gain begins to decrease. The compression for high level 
signals provides a signal that is more comforting to the ear, while still reducing low level 
noise. As in the compressor, the attack and release times of the integrator circuit 
comprising capacitor 36 and registers 35, 37 are chosen In the range described above 
in the Summary section above. Voltage clamp 32 is chosen at some convenient value 
to prevent signal overdrive at the output and, in fact, to provide over-all compression 
for larger signals. Hence, the combined effect of the modified compressor followed by 
the modified expandor is to provide: unity gain, or nearly unity gain, for signals larger 
than some low reference value; compressed output (or less than unity gain) for still 
larger signals; and less than unity gain (expansion) for small noise-alone signals less 
than the small predetermined value; but not large differences in gain (i.e.. "linear" gain) 
for small signal amplitudes at levels adjacent or slightly above the predetermined value. 
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this latter effect being important to the smooth audibly transparent operation of the 
invention during transitions between the different signal conditions. 

Fig. 2b illustrates, an exemplary realization of the modified compressor and 
expander described above. The compressor may include external components 
connected to a compressor portion 119 of a commercially available compandor chip 
such as the NE578 manufactur^cl by Signetics. The external components may include 
a voltage source 81; a ten microfarad capacitor for use as an AC ground capacitor 
82 connected in the feedback loop of amplifier 18; a ten microfarad capacitor for use 
as decoupling capacitor 29; a 1K ohm resistor for use as resistor 21; a 390K ohm 
resistor for use as resistor 26; a 3 volt voltage supply for use as positive bias source 27; 
a 0,5 microfarad capacitor for use as integrator capacitor 23. 

Further, the modified expander may include external connponents connected to 
an expander portion 121 of the commercially available compatible chip described 
above. Capacitor 83, resistor 84, and ground line 85 are used for powering the chip 
from line 81 and may include a ten microfarad capacitor and 100K ohm resistor, 
respectively. The external components of the modified expander may include a ten 
microfarad capacitor for use as coupling capacitor 128; a 1K ohm resistor for use as 
resistor 35; an n-p-n high gain transistor for use as voltage clamp 32; a 0.5 microfarad 
capacitor for use as integrator capacitor 36. 

Fig. 3 illustrates a response cun/e (i.e., overall circuit gain as a function of input 
signal amplitude) for the circuit of Fig. 2a. It is noted that for input signal amplitudes 
above approximately - 40 dbv, the gain is substantially the same for a small region (i.e., 
becomes "linear") then decreases. Further, for input signal amplitudes below 
approximately -30 dbv, the gain decreases in a generally exponential manner. 

Figs 4a - 4b illustrate modifications to the control circuit of the present invention 
wherein the useful dynamic range is extended by including slow acting gain adjusting 
elements to adapt the invention response. What is shown in Fig. 4a is a circuit similar 
to that of Fig. 1 except that an ANS element 102 is included to slowly decrease the gain 
of pre-amplifier 105 in response to increased and sustained average noise level. ANS 
element 102 is an automatic noise suppression circuit of the type disclosed in the 
aforementioned Franklin patent. In Fig. 4b, an ANS element is provided to increase the 
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"cut-Off" level of modified compressor 117. again the response to increase and 
sustained average noise level. In either case, the net effect is to assure the required 
relationship of the noise being below^the cut-off magnitude for the modified compressor. 
On the other hand, the aforesaid Lombard effect helps assure that the speech signal 
will be above the cut-off magnitude. The ANS element is utilized in substantially the 
same manner described in above-referenced copending U.S. Patent Application Serial 
No. 08/687.014. 

In Figure 5, a schematic diagram of another embodiment is shown in which the 
gain of a two-quadrant multiplier 130 has its gain controlled by the magnitude of the 
input signal in substantially the same manner disclosed in copending U.S. Patent 
Application Serial No. 08/687,014. Briefly, a signal from capacitor 106 is applied to 
analog to digital converter 131 which feeds a microprocessor 133. The digital 
microprocessor output signal is converted to an analog signal by digital to analog 
converter 134 to control multiplier 130. The multiplier output signal is coupled through 
output capacitor 142. A read-only-memory 132 is programmed according to the 
desired system gain characteristics to control microprocessor 133 for the application 
being addressed. 

An alternative all digital embodiment of the invention is shown in Fig. 6 and is 
substantially similar to that disclosed in copending U.S. Patent Application 08/687,014. 
Briefly, the input signal from capacitor 106 is fed via analog-to-digital converter 135 to 
either a digital signal processor or microprocessor 136, and then via digital-to-analog 
converter 138 to output capacitor 142, wherein the desired gain response is 
programmed in a read-only-memory 137. 

Figs. 7a, 8a, 9a, 10a and 11a illustrate some of the different microphone types 
that may be used with the present invention in substantially the same manner disclosed 
in copending U.S. Patent Application Serial No. 08/687,014 to generate the necessary 
input signals. The microphone types corresponding to the above figures respectively 
include: omnidirectional, dipole, excloid. cardioid and sum-of-four-dipoles The 
corresponding response patterns for the aforementioned microphone configurations are 
respectively illustrated in Figs. 7b, 8b. 9b, 10b, and 11b - 11c. Attention is specifically 
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drawn to the sum-of-four-dipoles on a table (Figs. 11a - 11c) which represents a 
possible application of the invention in a conference microphone realization. 

Any of the aforementioned embodiments of the present invention may include 
a variety of microphone configurations for reception and application of the speech 
signal waveform as herein illustrated. ^ 

A simpler version of the presentipvention may be implemented without loss of 
effectiveness in response to the speech signal waveform containing only envelope 
shapes and timing information. In such instances, only the modified expander may be 
utilized with some variations in time constants in accordance with a particular 
application. The simpler version of the present invention may be used with certain 
forms of tactile devices for the deaf where the speech signal waveform contains such 
information. Further, any of the aforementioned embodiments as described above may 
be configured wherein the modified compressor and expander are interchanged such 
that the speech signal waveform is first expanded and then compressed yielding 
substantially similar reductions in noise and improved comprehension of speech and 
listener comfort. This configuration may achieve greater discrimination against 
background noise, but may encounter greater distortion. 

It will be appreciated that the embodiments described above and illustrated in the 
drawings represent only a few of the many ways of implementing an enhanced effective 
signal to noise ratio for speech in noisy environments. 

The described compressor and expander, when such are used in the various 
embodiments, may comprise any commercially available compressor, expandor or 
compatible circuits. Further, such circuits may be constructed from electrical 
components, combinational logic, digital signal processing techniques implemented on 
a microprocessor or digital signal processor, or other devices capable of compressing 
and expanding a signal. In addition, the compressor and expandor may respectively 
include any functions (not merely square and square root functions) which are duals of 
each other to provide compression and expansion of a waveform. 

The technique of effective signal to noise ratio enhancement of the present 
invention may be applied to any systems (e.g., conventional, wireless and cellular 
telephone systems, camcorders, intercoms etc.) utilizing a microphone, plurality of 
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microphones, or other signal reception device in conjunction with electronic 
amplification for delivery of the enhanced speech signals to a listener, plurality of 
listeners, a computer interface or other device (e.g., .camcorders and other consumer 
products). Further, the present invention may be used in several applications including 
but not limited to: small v^earable systems (i.e. heanng^^aids, tactile aids, cochlear 
implants and/or other hearing assistive devices), conference-nnicrophone systems, and 
automatic speech recognition systems showing degraded perfomiance in the presence 
of noise. 

The microphones may be any conventional or other type microphone or device 
capable of receiving an acoustic input signal wavefomi and transducing it to an 
electrical audio signal. The operational amplifiers may be any commercially available 
operational amplifiers or equivalent circuit capable of amplifying a signal. The variable 
voltage controlled resistors (i.e., gain cells) may be any voltage or current controlled 
resistors or device capable of adjusting resistance. The resistors and capacitors may 
be conventional electronic components or combinations of the electronic components 
yielding the same electrical properties. Further, the diodes and transistor may be 
conventional diodes and a conventional transistor or other electrical devices 
respectively limiting current flow and threshold voltage. The preamplifier and post- 
amplifiers may be conventional amplifiers or other equivalent circuits for amplifying 
signals. The headset may be any conventional headset or other device capable of 
conveying the enhanced speech signal waveform to a listener. 

The effective signal to noise enhancement of the present invention may be 
implemented by utilizing any other circuit configurations for selective adjustment of the 
gain to reduce noise as compared to the speech signal. 

From the foregoing description it will be appreciated that the invention makes 
available a novel method and apparatus for enhancing the effective signal to noise ratio 
of hearing assistive devices or communication systems implemented in noisy 
environments wherein a signal waveform is selectively expanded downward by a small 
amount by adjusting the gain of a circuit based upon the level of an input signal, and 
by means of a control signal extracted from the input signal. 
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Having described preferred embodiments of the new and improved method and 
apparatus for enhancing the effective signal to noise ratio of hearing assistive devices 
and communication systems implemented in noisy environments, it is believed that 
other modifications, variations and changes will be suggested to those skilled in the art 
in view of the teachings set forth herein. It is therefore to be understood that all such 
variations, modifications and changes are b^Jieved to fall within the scope of the 
present invention as defined by the appended claims. 
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Whatig Qlaimgd is; 

1. A signal enhancement apparatus for use in communication systems to 
enhance the effective signal to noise-ratio of speech without loss of spectral information 
and without introducing distortion into said speech, wherein amplitudes of said speech 
below a predetemnined threshold are considered to be noise while amplitudes above 
the threshold are considered to be desired speech, said apparatus comprising: 

input means for providing an input electrical speech signal waveform having 
mixed speech and noise components temporally spaced by noise alone; and 

noise reduction means for selectively attenuating portions of said input speech 
signal waveform having amplitudes below and substantially above said predetermined 
threshold while passing portions of said input speech signal waveform having 
amplitudes at or slightly above the threshold substantially unchanged, wherein said 
portions of said input speech signal waveform below the threshold are attenuated such 
that the further the input speech signal waveform amplitude is below the threshold, the 
more the input speech signal waveform is attenuated, and wherein said portions of said 
input speech signal waveform substantially above the threshold are attenuated such 
that the further the input speech signal wavefonm amplitude is above the threshold, the 
more the input speech signal waveform is attenuated. 

2. The apparatus of claim 1 wherein said noise reduction means includes: 

an amplitude compressor for receiving and selectively compressing the 
amplitude of said input speech signal waveform by adjusting the gain of the compressor 
based on the amplitude of the input speech signal waveform such that in response to 
the amplitude of said input speech signal waveform overcoming a predetermined 
compression bias level, a corresponding portion of said input speech signal waveform 
is amplitude compressed; and 

an amplitude expandor for receiving and selectively expanding the amplitude of 
the compressed speech signal wavefomn by adjusting the gain of said expandor based 
on the amplitude of said compressed signal waveform. 
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3. The apparatus of claim 2 further comprising: 

a level control for controlling the level of the expanded speech signal waveform; 
a post-amplifier for amplifying the lev^L controlled expanded speech signal 
waveform; and 

output means for converting the post-amplified-speech signal waveform to an 
acoustic output signal ^ ^..^ 

4. The apparatus of claim 2 wherein said compressor includes a first bias source 
establishing said compression bias level, said compression bias level determining the 
minimum amplitude of said input signal waveform required for compression of said input 
signal waveform. 

5. The apparatus of claim 4 wherein said compressor further includes: 

a first gain cell comprising a first voltage controlled resistor for varying the gain 
of said compressor; 

a first operational amplifier having a first feedback resistor connected in parallel 
with said gain cell; 

a first integrator capacitor coupled to said first bias source and to said first gain 

cell; 

a first discharge resistor connected in parallel with said first capacitor for 
providing a discharge path for said first integrator capacitor; 

a decoupling capacitor connected to the output of the first operational amplifier; 

a first detector connected in series with said decoupling capacitor for passing 
charging current to said first integrator capacitor in response to the amplitude of said 
input signal waveform exceeding said compression bias level; and 

a first charging resistor connected in series with said first detector for providing 
a charging path for said first integrator capacitor; 

wherein in response to the amplitude of said input signal waveform being less 
than said compression bias level, said first integrator capacitor is charged to said 
compression bias level which is applied to said first gain celt such that the gain of said 
compressor is at a very low constant value; and 

wherein in response to the amplitude of said input signal waveform exceeding 
said compression bias level, said input signal waveform charges said first integrator 
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capacitor to levels greater than said compression bias level to increase the gain of the 
compressor. 



6. The apparatus of claim 5 wherein said expander includes: 
a second gain cell comprising a second voltage controlled resistor foT varying the 
gain of said expander;. 

a second operational amplifier connected in series with said second gain cell and 
having a second feedback resistor; 

a second integrator capacitor coupled to said second gain cell; 

a second discharge resistor connected in parallel with said second integrator 
capacitor for providing a discharge path for said second integrator capacitor; 

a clamp connected in parallel with said second discharge resistor and said 
second integrator capacitor to prevent voltage generated on said second integrator 
capacitor from exceeding a clamping threshold; 

a coupling capacitor connected to an input of said expander; 

a second detector connected in series with said coupling capacitor for passing 
charging current to said second integrator capacitor based on the amplitude of said 
compressed signal waveform; and 

a second charging resistor connected in series with said second detector for 
providing a charging path for said second integrator capacitor; 

wherein in response to the amplitude of said compressed signal waveform being 
less than said clamping threshold, said second integrator capacitor is charged to a level 
corresponding to said compressed signal wavefomi amplitude which is applied to said 
second gain cell such that the gain of said expander is adjusted based on said 
compressed signal wavefomi; 

wherein in response to the amplitude of said compressed signal waveform 
exceeding the clamping threshold, said second integrator capacitor is charged to said 
clamping threshold such that the gain of said expander is at a constant value. 
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7. The apparatus of claim 6 wherein said first and second integrator capacitors 
each have a charging time constant of approximately five to twenty milliseconds and a 
discharge time constant of approximately twenty to eighty milliseconds. 

8/ The apparatus of claim 1 wherein said input means includes a pre-amplifier 
for amplifying said input waveform, said apparatus further jncluding: 

an automatic gain control circuit for receiving said input speech signal waveform 
from said input means and adjusting the gain of said pre-amplifier based on said noise 
in said speech signal waveform. 

9. The apparatus of claim 2 further including: 

an automatic gain control circuit for receiving said speech signal from said input 
means and adjusting said compression bias level to control the gain of said compressor 
based on said noise in said speech signal waveform. 

10. The apparatus of claim 2 wherein said compressor compresses said input 
speech signal waveform based upon a predetermined function of the amplitude of said 
input speech signal waveform, and said expandor expands said compressed signal 
wavefonn based upon a predetermined function of said amplitude of said compressed 
signal waveform. 

11. The apparatus of claim 10 wherein said predetermined function for said 
expansion is the dual of the predetermined function for said compression. 

12. The apparatus of claim 11 wherein said predetermined function for said 
compression is a square root function, and said predetermined function for said 
expansion is a square function. 

13. The apparatus of claim 1 wherein said noise reduction means includes: 
an amplitude expandor for receiving and selectively expanding the amplitude of 
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said input speech signal waveform by adjusting the gain of the expandor based on the 
amplitude of the input speech signal waveform; and 

an amplitude compressor for receiving and selectively compressing the 
amplitude of the expanded speech signal wavefomi by adjusting the gain of said 
compressor based on the amplitude of said expanded signal waveform such that in 
response to the amplitude of said expanded signal waveform overcoming a 
predetermined compression bias level, a corresponding portion of said expanded 
speech signal waveform is amplitude compressed. 

14. A signal enhancement apparatus for use in communication systems to 
enhance the effective signal to noise ratio of speech without loss of spectral infonnation 
and without introducing distortion into said speech, wherein amplitudes of said speech 
below a predetermined threshold are considered to be noise while amplitudes above 
the threshold are considered to be desired speech, said apparatus comprising: 

input means for providing an input electrical speech signal waveform having 
mixed speech and noise components temporally spaced by noise alone; 

an analog-to-digital converter for digitizing said input speech signal waveform; 

a memory for storing desired gain characteristics to attenuate portions of said 
input speech signal waveform having amplitudes below and substantially above said 
predetermined threshold while passing portions of said input speech signal waveform 
having amplitudes at or slightly above the threshold substantially unchanged wherein 
the portions of the input speech signal waveform below the threshold are attenuated 
such that the greater the input speech signal waveform amplitude is below the 
threshold, the greater the input speech signal waveform is attenuated, and wherein said 
portions of said input speech signal waveform substantially above the threshold are 
attenuated such that the greater the input speech signal waveform amplitude is above 
the threshold, the greater the input speech signal wavefomn is attenuated; 

processing means for processing said digitized speech signal waveform in 
accordance with the desired gain characteristics to determine a digital control signal for 
controlling application of a gain to said input speech signal waveform; 

a digital-to-analog converter for converting said digital control signal to analog 
in order to control said application of said gain; and 
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a two-quadrant multiplier for applying gain to said input speech signal waveform 
based on said analog control signal in order to reduce said noise in said speech signal 
waveform. - - 

15. A signal enhancement apparatus for use in communication systems to 
enhance the effective signal to noise ratio of speech without loss of spectral information 
and without introducing distortion into said speech, wherein amplitudes of said speech 
below a predetermined threshold are considered to be noise while amplitudes above 
the threshold are considered to be desired speech, said apparatus comprising: 

input means for providing an input electrical speech signal waveform having 
mixed speech and noise components temporally spaced by noise alone; 

an analog-to-digital converter for digitizing said input speech signal wavefomi; 

a memory for storing a desired gain response to attenuate portions of said input 
speech signal waveform having amplitudes below and substantially above said 
predetermined threshold while passing portions of said input speech signal waveform 
having amplitudes at or slightly above the threshold substantially unchanged, wherein 
the portions of the input speech signal waveform below the threshold are attenuated 
such that the further the input speech signal waveform amplitude is below the threshold, 
the more the input speech signal wavefomi is attenuated, and wherein portions of said 
input speech signal waveform substantially above the threshold are attenuated such 
that the further the input speech signal waveform amplitude is above the threshold, the 
more the input speech signal waveform is attenuated; 

processing means for processing said digitized speech signal waveform in 
accordance with the desired gain response to reduce said noise in said input speech 
signal waveform; and 

a digital to analog converter for converting said digital reduced noise speech 
signal waveform from said processing means to analog in order to produce an acoustic 
output signal. 

16. In a signal enhancement apparatus for use in communication systems, a 
method to enhance the effective signal to noise ratio of speech without loss of spectral 
information and without introducing distortion into said speech, wherein amplitudes of 
said speech below a predetermined threshold are considered to be noise while 
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amplitudes above the threshold are considered to be desired speech, said method 
comprising the steps of: 

(a) providing an input electrical speech signal waveform having mixed speech 
and noise components temporally spaced by noise alone; 

(b) selectively attenuating portions of said input speech signal waveform having 
amplitudes below and substantially above said predetermined threshold while passing 
portions of said input speech signal having amplitudes at or slightly above the threshold 
substantially unchanged wherein said portions of said input speech signal waveform 
below the threshold are attenuated such that the further the input speech signal 
waveform amplitude is below the threshold, the more the input speech signal waveform 
is attenuated, and wherein portions of the input speech signal waveform substantially 
above the threshold are attenuated such that the further the input speech signal 
waveform amplitude is above the threshold, the more the input speech signal waveform 
is attenuated. 

17. The method of claim 16 wherein step (b) includes: 

(b.1) selectively compressing the amplitude of said input speech signal 
waveform by adjusting the gain of said compression based on the amplitude of said 
input speech signal waveform such that in response to the amplitude of said input 
speech signal waveform overcoming a predetemiined compression bias level, a 
corresponding portion of said input speech signal waveform is amplitude compressed; 
and 

(b.2) selectively expanding the amplitude of the compressed speech signal 
waveform by adjusting the gain of said expansion based on the amplitude of said 
compressed speech signal waveform. 

18. The method of claim 17 wherein step (b) further includes the steps of: 
(b.3) controlling the level of said expanded speech signal waveform; 

(b.4) amplifying said level controlled expanded speech signal waveform; and 
(b.5) converting the post-amplified expanded speech signal waveform to an 
acoustic output signal. 
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19. The method of claim 17 wherein step (b.1) further includes: 

(b.1.1) establishing said compression bias level via a first bias source to 
determine the minimum amplitude of said speech components required for compression 
of said input signal waveform. 

20. The method of claim 17 wherein step (b.2) further includes: . 

(b.2.1) limiting expansion of said compressed signal wavefomi by maintaining 
a fixed gain for amplitudes of said compressed signal wavefomi exceeding a 
predetermined clamping threshold. 

21 . The method of claim 16 wherein step (a) further includes: 

(a.1) detecting the level of noise in said input speech signal waveform; and 
(a.2) amplifying the input speech signal waveform by adjusting the gain applied 

to said input speech signal waveform based on the level of said noise detected in said 

input speech signal waveform. 

22. The method of claim 17 wherein step (a) further includes: 

(a.1) detecting the level of noise in said input speech signal waveform; and 
{a.2) adjusting said compression bias level based on the level of said noise 
detected in said input speech signal wavefomn. 

23. The method of claim 17 wherein step (b.1) further includes: 

(b.1.1) compressing said input speech signal waveform as a predetermined 
function of the amplitude of said input speech signal w/aveform; and 
step (b.2) further includes: 

(b.2.1) expanding said compressed signal waveform as a predetermined 
function of said amplitude of said compressed signal waveform. 

24. The method of claim 23 wherein the predetermined function for said 
expansion is the dual of the predetermined function for said compression. 
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25. The method of claim 24 wherein the predetermined function for said 
compression is a square root function, and said predetermined function for said 

, expansion is a square function. 

26. The method of claim 16 wherein step (b) includes: 

. (b.1) selectively expanding the amplitude of said input speech signal waveform 
by adjusting the gain of said expansion based on the amplitude of said input speech 
signal waveform; and 

(b.2) selectively compressing the amplitude of the expanded speech signal 
waveform by adjusting the gain of said compression based on the amplitude of said 
expanded signal wavefomn such that in response to the amplitude of said expanded 
signal waveform overcoming a predetemiined compression bias level, said 
corresponding portion of said expanded speech signal waveform is amplitude 
compressed. 



27. In a signal enhancennent apparatus for use in communication systems, a 
method to enhance the effective signal to noise ratio of speech without loss of spectral 
infonnation and without introducing distortion into said speech, wherein amplitudes of 
said input speech signal waveform below a predetemfiined threshold are considered to 
be noise while amplitudes above the threshold are considered to be desired speech, 
said method comprising the steps of: 

(a) providing an input electrical speech signal wavefonn having mixed speech 
and noise components temporally spaced by noise alone; 

(b) digitizing said input speech signal waveform; 

(c) storing desired gain characteristics in a memory to attenuate portions of said 
input speech signal waveform having amplitudes below and substantially above said 
predetermined threshold while passing portions of said input speech signal waveform 
having amplitudes at or slightly above the threshold substantially unchanged wherein 
the portions of the input speech signal waveform below the threshold are attenuated 
such that the further the input speech signal wavefonn amplitude is below the threshold, 
the more the input speech signal waveform is attenuated, and wherein portions of said 
input speech signal waveform substantially above the threshold are attenuated such 
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that the further the input speech signal wavefonn amplitude is above the threshold, the 
more the speech signal waveform is attenuated; 

(d) processing said digitized speech signal waveform in accordance.,^vyrth the 
desired gain characteristics to determine a digital control signal for controlling 
application of a gain to said input speech signal waveform; 

(e) converting said digital control signal to analog in order to control s^jd 
application of said gain; and 

(f) applying gain to said input speech signal waveform based on said analog 
control signal in order to reduce said noise in said speech signal waveform. 

28. In a signal enhancement apparatus for use in communication systems, a 
method to enhance the effective signal to noise ratio of speech without loss of spectral 
information and without introducing distortion into said speech, wherein amplitudes of 
said input speech signal waveform below a predetermined threshold are considered 
to be noise while amplitudes above the threshold are considered to be desired speech, 
said method comprising the steps of: 

(a) providing an input electrical speech signal waveform having mixed speech 
and noise components temporally spaced by noise alone; 

(b) digitizing said input speech signal waveform; 

(c) storing a desired gain response in a memory to attenuate portions of said 
input speech signal waveform having amplitudes below and substantially above said 
predetermined threshold while passing portions of said input speech signal waveform 
having amplitudes at or slightly above the threshold substantially unchanged wherein 
the portions of the input speech signal waveform below the threshold are attenuated 
such that the further the input speech signal wavefonn amplitude is below the threshold, 
the more the input speech signal waveform is attenuated, and wherein said portions of 
said input speech signal waveform substantially above the threshold are attenuated 
such that the further the input speech signal waveform amplitude is above the 
threshold, the more the input speech signal waveform is attenuated; 

(d) processing said digitized speech signal waveform in accordance with the 
desired gain characteristics to reduce said noise in said input speech signal waveform; 
and 
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(e) converting said digital reduced noise speech signal waveform to analog 
order to produce an acoustic output signal. 
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